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PERCEPTI ON- AWARELOW PONER AUDI O DECODER FOR PORTABLE
DEVI CES Field of the Invention The present invention
wo edoapes2general |y to | ow power decodi ng i n nmuPCT/BELI0H000405
applications and, in particular, to a nethod and
apparatus for decoding audi o data, and to | a conputer
program product including a conputer readable nedi um
PERCEDTIONaA WARETeO ¥ GWERAUBIO DECOBERI POR PORTABLE
decodi ng audi o data. Background Increasingly, many
“portabl e consuner el ectr qyu¢pCESVi ces, such as nobile
phones, portable digital assistants (PDA) and portable

audi o pl ayers conpri uter systernmns.
These enbedded conpu?ggﬁgggggﬁgmgﬁgptypicalIy

copfiqured according to general - purpose c ter. . .
ol B ess) BRI MpleR SRPRUY, G L aRBrC AEinghin gyljimedia
i f ference between these consunmer el ectronic devices
appligatiqpsiapdy ipyparticilas foramapdiod gpd pppartyh farigeoding pedia gata, and to
executed on the particul ar device. Further, severa
a cginpbisr emegramnpofletantividieg arcemipntr eesiablgl medieinnbaving recorded
cl ubbed into one device. For exanple, sone nobile
theppbonesmphtes pwerdm & qeosdiapheadididgial al assi stants ( PDA)
and/ or portabl e audio players. Accordingly, there has
been a shift of focus inrgidkgroeid abl e embedded
conmput er systens domai n towards appropriate
s o1 | ' i f.unctional itjes
ol R PO S0 1ot BHER g R HAPR hbbE phones,
| i.cat,i ons. P consu i on.of the conputer
porfits i R P15 EREPQEPlamIoe Mavats edopisesisgrd computer

the mpst critical constraint in the design of both, .
sysieBISe waheses absdsied \apraputery systems are typically” configured according to

general-purpose computer hardware platforms or architecture templates. The only
difference between these consumer electronic devices is typically the software applicafibn

that is being executed on the particular device. Further, several different functionalities

are increasingly being clubbed into one device. For example, some mobile phones also

work as portable digital assistants (PDA) and/or portable audio players. Accordingly,

there has been a shift of focus in the portable embedded computer systems domain
towards appropriate software-implementations of different functionalities, rather than
tailor-made hardware for different applications.

Power consumption of the computer systems embedded in the portable devices is
probably the most critical constraint in the design of both, hardware and software, for
such portable devices. One known method of minimising power consumption of
computer systems embedded in portable devices is to dynamically scale the voltage and
frequency (i.e., clock frequency) of the processor of an embedded computer system in

response to the variable workload involved in processing multimedia streams.
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such portabl e devices. One known nethod of m nim sing
power consunption of conputer systens enbedded in
w@orobakiees devi ces is to dynamically scal e t he ROI/$@YO5/000405

and frequency (i.e., clock frequency) of the processor

of an enbedded conputer sysiemin response to the

vari abl e workl oad invol ved in processing nultinedia

sAnhehen kAneh hesthdch ofuminimtikind pefweni constinsptivg plooggpputer systems

consunption of conputer systens enbedded in portable
embdiRI¥l GBS psEAtie s ices susto bafest o attoothuilotii madiimediar semms and

and decouple two architectural conponents havi ng

decobikt&b ea%hil%[:l‘ﬁgaq %ﬁllnpgnééx_?st BVing QiR rBN Bl &Sinkttee MRddeBles the
ocessor to be periodically swtched off or for the
Jocessor to be run.at,a
exnb Bl o gy PerntpaRapd syt MG B pBELE™6 be run at o
schedul i ng net hods addressed at the problem .
lowerdroRianey: NeFTebYCHEINE SIBEY. SRy (e {1& YPUPIRST f ey scheduling
associated with nultinedia applicatjons and at the .
metlmdsraddiessed it Hierpreblem of oewintaping:y Ryeligreioreryse €pdaarement
conputer system Summary It is an object of the
assoPbRAeRlith mvidtiledia tgpleatiatsannd adtl theovane dinee winimizing power
| east aneliorate, one or nore di sadvantages of
Conﬁaﬂgﬁgh%gaﬁ@&@@&&ﬂﬁﬁh@umﬁgyﬁ@ﬂjng to one aspect of the
présent invention there is provided a nethod of

decodi ng audi o data reprgagnﬁ}&g an audio clip, said
met hod conprising the steps of 7 selecting one of a

pt edet er mi.ned nber of frequen ; [

DU o St Hapsod i PO EL sRRATaL GOEARE. B at oot

according to the sel ected. frequency band, wherein a
ameligritd, 9N GT BOFS ﬂ‘é‘l‘fl"éﬂtag?ﬁeofﬁtﬁﬂggag IEPPesent i ng said

audio clip is discarded; and converting the decoded

potdcontingfio andiaspataiod thapeesentniphentipat tereelsreewAed ggmethod of
t he decoded audi o dat a.

decoding audio data representing an audio clip, said method comprising the steps of:

selecting one of a predetermined number of frequency bands;

decoding a portion of the audio data representing said audio clip according to the
selected frequency band, wherein a remaining portion of the audio data representing said
audio clip is discarded; and

converting the decoded portion of audio data into sample data representing the
decoded audio data.

According to another aspect of the present invention there is provided a decoder for
decoding audio data representing an audio clip, said method comprising the steps of:

decoding level selection means for selecting one of a predetermined number of
frequency bands;

decoding means for decoding a portion of the audio data representing said audio
clip according to the selected frequency band, wherein a remaining portion of the audio

data representing said audio clip is discarded; and
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Accordi ng to another aspect of the present invention
there is provided a decoder for decodi ng audi o data
WO e@cesS®Bré i ng an audio clip, said nmethod conprPGI/BG2005@00405
steps of: decoding | evel selection neans for selecting
one of a predeterm ned nunber. of frequency bands;
decodi ng neans for decoding a portion of the audio
dalate compespanheang fencahvartiop thcddcpded petidh vg atidio idhe into sample
sel ected frequency band, wherein a remaining portion

dat%pkb@tﬁ%%@d%ﬁ@dﬁ&ﬁé@&tﬁmi ng said audio clip is
di scarded; anddata conversion neans for converting the

decQdffin q{)tgtft?ﬂ gﬁ(&}g@l“ géé)gctd 8t dnd E)g%eﬁ@ eﬁtigr?ﬁ%er{: ois provided a

representing co audi o a. Accor

sﬁflh gpoth r.asgect.of,the present invention there is
Porigpis\F1SEGRS SSICSBPRIEOE t r oni ¢ devi ce conpri si ng:

decodi.ng | evel selection neans for selecting one of a

prdserding de v deleatioremegns foresplecting eneneka m@g«@@m@ed number of

means for decoding a portion of audio data

frequepnydweds:i ng an audi o clip according to the sel ected
frequency band, wherein a renmining portion of the
auldcading inteane o deduidingga pattibnaotlbedic | dap tprébesittdy e didio clip
and data conversion neans for converting the decoded

REfg! BRhOEelBHEd FrediRy Hah® WRFBING FAni i :
accthéltgdecode%l audi quat g. Qt'her aspects ng{fyﬁgcﬁvi%n%ﬂetthiag%m data

: I.5cl . Brief. I pti f the Draw
rep B S Pl R sk, A L st i nventi on i 11

e HE ol kL G0 2 5 A e

da‘ca\driefa)l;“:’ersglnrgn%ftheijl de‘:)c%rdtec{il gllldeio %lgtgpm 'ng device conprising a

Other aspects of the invention are also disclosed.

Brief Description of the Drawings

One or more embodiments of the present invention will now be described with
reference to the drawings and appendices, in which:

Fig. 1 is a schematic block diagram of a portable computing device comprising a
processor, upon which embodiments described can be practiced;

Fig. 2 shows the processor of Fig. 1 taking a coded bitstream as input and producing
a stream of decoded pulse code modulated (PCM) samples;

Fig. 3 shows the frame structure of an MPEG 1, Layer 3 (i.e., MP3) standard
bitstream;

Fig. 4 is a block diagram showing the modules of a standard MP3 decoder together
with the proposed new decoder architecture;

Fig. 5 shows an internal buffer and playout buffer used by the processor of Fig. 1 in

decoding audio data;
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processor, upon which enbodi nents descri bed can be
practiced; Fig. 2 shows the processor of Fig. 1 taking

W@ 2@odsm2di t st ream as i nput and produci ng a stPEHRGTNS/000405
decoded pul se code nodul ated (PCM sanples; Fig. 3
shows the franme structure of4-an MPEG 1, Layer 3 (i.e
MP3) standard bitstream Fig. 4 is a block diagram
st 61gs b hgapio dhidwimgahe ayskargaranddPIod eopecessogef fieg. 1 per
with the proposed new decoder architecture; Fig. 5

gra1§ﬂ9 Worredpohding i ah afdiblcEib, RAE pRideiadinel dufsionyised by
the processor of Fig. 1 in decoding audio data;- A -

F'lﬁ § Lfovis Qfléa éé%?&" @ IEJ‘% &hevﬁiﬁﬂy'ah§”§ﬁ?érvﬁlobf length t
g1 oper

the processor of nu e, corresponding to

audi f
ot Bl AL B ©
PR Re e A -

nmet hod of decoding audio data in the forn1of a coded
acchidanet wiglathe pireferred embadioenivi t h t he preferred

enbodi ment. Detail ed Description including Best Mde

Wher e ref er enpetiikedBéieriptioniyclodiagBestdaleof t he

acconpanyi ng drawi ngs to steps and/or features, which

hayfeleNBrsdH¥e id £h8E BN&GS dHBR Madrs of ﬂfé‘h‘é@oﬁﬁﬁ@ﬁn@ﬂl@b@igs to steps

features have for the purposes of this description the

and?grﬁg Q%hlgﬂ il?r)re ﬁ'xre 59191% @fefe‘ﬁ { fdmed gl S Et@ﬁs 5041 @Ares have
enti on appe d eBnote at
SCUSSi ons .C !
for, g PURBRSS Of Pt '??3?‘%&8 ‘f‘% Sarny ST Sor RPEHHGNSE Whless the
to di scussi ons of docunents or devices
contrary intention appears.

It is to be noted that the discussions contained in the "Background” section and that
above relating to prior art arrangements relate to discussions of documents or devices
which form public knowledge through their respective publication and/or use. Such
should not be interpreted as a representation by the present inventor(s) or patent applicant
that such documents or devices in any way form part of the common general knowledge
in the art.

Most perceptual audio coder/decoders (i.e., codecs) are designed to achieve
transparent audio quality at least at high bit rates. The frequency range of a high quality
audio codec such as MP3 is up to about 20 kHz. However, most adults, particularly older
ones, can hardly hear frequency components above 16 kHz. Therefore, it is unnecessary
to determine the perceptually irrelevant frequency components. Further, within the wide
swath of frequencies that most people can hear, some bands register more loudly than
others. In general, the high frequency bands are perceptually less important than the low
frequency bands. There is little perceptual degradation if some high frequency

components are left un-decoded. A standard decoder such as an MP3 decoder will simply
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whi ch form public know edge through their respective

publication and/ or use. Such should not be interpreted
W@3008/05p¢ esent ati on by the present inventor (sSPCD8G2005/000405

pat ent applicant that such docunents or devices in any

way form part of the common.general know edge in the

art. Most perceptual audi o coder/decoders (i.e.,
decodelevsiytldng idesi gipad Hio seedhh evithdut RO8HEEER! HRUBERIng ability of

quality at least at high bit rates. The frequency

ind[vaM@E 1Rérsayith G kRl theadte Qs C AR CreSiHENInA '
to aboutrSZO kHz. I—Iovvever,lliléjrmstS adul tes, plélr?iség%‘?%éram%oum of

. . b .
e A 6 o SRAEPSY OO i

rceptually.irrel evant frequency conponents. Further,
the&?‘f’ﬁ‘? gtsﬁ‘gl%ﬁi"t‘fgdgr\nat h. of frequencies that nost people

can hear, sone _bands regi ster nore |oudly than others.

| nAg@Riyod 800; pE desephing raadise ety Bathesfosmeoter ensled kit [siream, in

| ess inportant than the |ow frequency bands. There is
accpidaptewph thegpefsakd dedpodishaint,an déstribaiteeldnw glithf refmerseay Figs. 1 to

conmponents are left un-decoded. A standard decoder

8. She prindplesn ofMiid piefened methdd 80Di depdribde Geften BMRY gehBial pplitability
an 1 nput bit stream w thout considering the hearing

to ARkl bii¥tiR abdidi AR PRMeSerMib el ¥ & nitlﬂagipﬁ,a{ﬂengteps of the

|l oss. This results in a significant anp

' I on, . - t] ter ower

prefito AR PG Bt il e B i Pl e S 3l formar,
a, decoder,. meL hqd 800 of decodin io data in the

alsq KOV S VR G oty oSAps 15 B R Eodicy 0ok s Widespread
preferred enpodi nent, is described bel ow with

popurRy-e dde methed §Q0 is parsicelarlyspplinableciopransscglablenendecs like MP3
preferred nethod 800 descri bed herein have general

andagipt Adaimided tAndio Coditg @AG). | Ngn-acadabde todaratiscur Howere workload
for ease of explanation, the steps of the preferred

andn@thncke GPuRE ehaesalable dodct, utkhe b8 MPEGM kbt eGide, where

Layer 3 audio format, also known as MP3, audio format.
onlfBDaiSlaferiORpRERY AL 1AW arPRlaf it BFSBEM i enored.

The method 800 integrates an individual user’s own judgment on the desired audio
quality allowing a user to switch between multiple output quality levels. Each such level
is associated with a different level of power consumption, and hence battery lifetime. The
described method 800 is perception-aware, in the sense that the difference in the
perceived output quality associated with the different levels is relatively small. But
decoding the same audio data, such as an audio clip in the form of a coded bit stream, at a
lower output quality level leads to significant savings in the energy consumed by the
processor embedded in a portable device.

To evaluate the perceptual quality of any audio codec, rigorous subjective listening
tests are carried out. These tests are usually conducted in a quiet environment with high

quality headphones by expert listeners or panels without any hearing loss. However, the

realistic environments for ordinary users are usually very different. Firstly, it is relatively
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popul arity. The nethod 800 is particularly applicable

to non-scal abl e codecs |ike MP3 and al so Advanced
wesos6eei ng (AAC). Non-scal abl e codecs i ncurP@EI/E6285/000405

wor kl oad and are nore popul ar than scal abl e codecs,

such as an MPEG 4 scal abl e codec, where only a base

| ayer is typically decoded wth an enhancenent | ayer

rard €8 pbAAKIE @fldio THBye¥ab MRt B 0n GG éﬁ\@ﬁ)nﬁ{én{i, e Yk ANAL in the

user's own judgment on the desiréed audio quality
-l L ow : [ ut
tivifle PO e i3 1l oy EUMRRR Bt oB LY gers om the
different level. of. power consunption, and hence ..
moy ppd i Pl Of ST HARCHSSIPD ARt Al S0 1 & Tight, using simple
perceigioniamare, in the sense that the difference in
earpigeesy & pessidildercpies hare imparpplinplisaiignsadhepudio gpality required.
different levels is relatively small. But decoding the
s afrecadigigdo daperimenis harsisd ant Ay dhopreséng inventdrs, it ¢s hardf for most
a coded bit stream at a |ower output quality |evel

usetet@diistinguish deivdea oinRavDRGSCDN ahd Breg M6 MIIGHIEE MY quality
the processor enbedded in a portable device. To

aud®y & H3oRyl BiBELERP B @&%lagy Yardh RMYoRUiePar 3(91 gastmall quality

ri gorous subjective listening tests are carrie

dethaafisnt %S Etfbh\?méxf\rﬁl%al:ﬁg#sy T%? Ir}}qgl—:;tﬁhg dSéjOn eriaab?e%lbglte e‘)l(sp% Ap change the

envi ronmen qua adphones

| i,st ene r panel i.t hqut any hearing. | oss. ver,

decp e a1 1% 1 e 1 RS RREE FEPToRa ThaPfile deandaR NP3 decoder
usually very different. Firstly, it is relativelyrare

canpgk 3 portabl e audio player to be used in a quite
environment, for exanple in the |living roomof one's
holRdferent appli¢ationhodsigmhnmeguirodififeeenp barndditié. Bodéxample, a story-
pl ayers on the nove and in a variety of environnments

telligCidis clip raquitts, signifdanily essl Bandwidth Hofmpaktsl 0a Shilk @lip. The
ear pi eces. These differences have inportant

meth®B! $00RANARS tHRMiskN®, Sk aﬂ@b{toﬁ)\e‘iafee@é&ﬁﬁg:pr@‘ﬁfeo&ﬁ{aﬂﬁ for the

to experinents carried out present "1’ nventors,

T
devit%glg%%lg ttgg gliée(%tlﬁiff §8Q2| | Sgﬁg%br g&gﬁﬁéxys %%tp itgfp%rntsrol the tradeoff
between the battery life and the decoded audio quality, with the knowledge that slightly
degraded audio quality (this degradation may not even be perceptible to the particular
user) can significantly increase the battery life of a portable audio player, for example.
This feature allows the user to tailor the acceptable quality level of the decoded audio
according to their hearing ability, listening environment and service type. For example, in
a quiet environment the user may prefer perfect sound quality with more power
consumption. On the other hand, the user might prefer a longer battery life with slightly
degraded audio quality during a long haul flight.

The method 800 is preferably practiced using a battery-powered portable computing
device 100 (e.g., a portable audio (or multi-media) player, a mobile (multi-media)

telephone, a PDA or the like) such as that shown in Fig. 1. The processes of Figs. 2 to 8
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degradation in such environnents. The nethod 800
enabl es the user to change the decoding profile to
wW@e@ph3t6e6 t he | i stening environnent, while a sSPEREGE20E5/000405
MP3 decoder cannot. Different applications and signals
require different bandw dt h.-7For exanple, a story
tel]ling audio clip requires significantly |ess
maya ﬁmlqme@&épaﬁ s@ftyarea suelsias acbofprarprogenhese®liflg within the
all ows the user to choose an appropriate decodi ng
popptde compuiing ddlies 10k Inlpartjvatar, theikteps sftheingeh@n800sirgBEEcted by
type al so prolonging the battery life of a portable
instra0foettsi ingthel @vttoareigian gret deridiebROsy §R0porTbE: E@(ﬁﬁﬁglg%ice 100.
all ows users to control the tradeoff between the

. i L i .
TR L QL i

j oteven be percepiihble tao the A
ong SRS A0 ESI82 T SBnE BETAFT1S st dubtig sparae parts,in
battery life of a portable audio player, for exanple.
Wh’r%ﬂ %%F%élaﬁr%ef g \iae g“OGs@rO 304 3 86908¢ PeFlenanagep R aBtreinterface
qual ity level of the decoded audi o according to their
betyesn itheyfiesh ppitiapd the ysean Thy sefiwareonae he stomell Bea vorputer readable
type. For exanple, in a quiet environnent the user may
megdruef,anclpding db¢ stomgadleviced ddsyribddt elowy for pRMBPle. The software may
consunption. On the other hand, the user m ght prefer
be dodded @&t thapbible komputigt devidel Wt by 2 deMhBRAHRYH Gampl
quality during & Fong R ght > haneiRer S <puwle, from
thePERARRALIH YIS Thdd i t ’ of b3kl
e (Rt , %.gxg, 4(53 k] Rk a?lg%tfngrf)‘gg (flﬁgc#%d; {)y bl portable

conput i ng device e.g., a por

o ' | ayer nohi |.e | ti-nedia), tel ephone,
C"‘g%i*& d(;‘%%teﬁlzaoqpi ‘gé)%“?l‘jﬁeﬁ r%aga‘elﬁ ﬁergilﬁ’a ving SF-*% .Sofiiwﬁerﬁé computer
0processg(f,dof Flgs. 2 to 8may be inplenmented as
PIOSER A PE e Ot 1A compuigrinfRg amdredick ml b vsaef the compyterprogram
t he portabl e conputing device 100. In particular, the
progipgin e qompuien ﬁ@tﬁmggo areferablye efffends by ddwsitageous apparatus for
in the software that are carried out by the portable
implomputingihe desdribed f2thodBA6. i nstructi ons nmay be for ned
as one or nore software nodul es, each for performng

The portable computing device 100 includes at least one processor unit 105, and a

memory unit 106, for example formed from semiconductor random access memory
(RAM) and read only memory (ROM). The portable computing device 100 may also
comprise a keypad 102, a display 114 such as a liquid crystal display (LCD), a speaker
117 and a microphone 113. The portable computing device 100 is preferably powered by
a battery. A transceiver device 116 is used by the portable computing device 100. for
communicating to and from a communications network 120 (e.g., the telecommuﬁications
network), for example, connectable via a wireless communications channel 121 or other
functional medium.  The components 105 to 117 of the portable computing device 100
typically communicate via an interconnected bus 104.

Typically, the application program is resident in ROM of the memofy device 106

and is read and controlled in its execution by the processor 105. Still further, the software
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one or nore particular tasks. The software may al so be
divided into two separate parts, in which a first part
wW@eoohos1se6 t he met hod 800 and a second part nmanBGESGZ005/000405
user interface between the first part and the user.
The software may be stored i$ a conputer readabl e
medi um i ncluding the storage devices descri bed bel ow,
canfaggo kedanagddeintorthe rmotableacomputiyg devico 20@ froimothet twamputer readable
portabl e conputing device 100 by a manufacturer, for
medixarfheetersh roomphier ecuiiablcanedigat ablBedBeictintefds o @ny storage or
serial link and then be executed by the portable
tran@ PRI 1REHi BRMh &G @ Gpatés ﬁqm&aﬁ; iﬁs%%@ﬁ@ﬂseaﬂaﬁﬁ'dé{g o the portable
havi ng such software or conputer programrecorded on
corﬁcptutihg d8yit@ W%oerrexg&ﬁgﬁ : Egﬁléggsin The use of the
onp p in €°C

ter program produc 5hputer system 100
pr.ef er ahl ects an advant ageous a ratus. for .
Pttt S04 eialtrRned e RaicnoR Mhaginiadiedvare uni
conputing device 100 includes at |east one processor
COMHISiNg1% orgRareaintagigied cpiits peg®rmingr the famgsioas foo swie functions of
from sem conduct or random access nenory (RAM and read

the dedeyibedemethpd( ROM) . The portabl e conputing device 100
may al so conprise a keypad 102, a display 114 such as

a Thi sgtordatdeywith thaheodys o0l £ldkcoding R aK@leclcd/b AR Yisé to decode
m crophone 113. The portabl e computing device 100 is

A0 0 R AR SR 08 B

' ' ; nuni catid.ons petwor k 120

In EREH0 FREY Mool SR 300 B BRI R T BTG giethoa s00
conpectable via.a wireless _comuni cations channel 121

doeg POEHYQﬁ’efa&Wc‘i”iHBH‘&I scales 0 heﬂ%eceé%ﬂfrd&%e@@gws fyegueppy. If the
of the portabl e conputing device 100 typically

proggserfulflochasea dixgd grmber of colingsc freqhepes opemating ppintalthy decoding
the application programis resident in ROMof the

leveleimothy mi¢hadc800108y bethned to maidh dinde opertiting padtsi n its
execution by the processor 105. Still further, the

sdhtiherRend $U05thdBedRREE BardWitht dT&hE ?Bltté’(hé SomphttY d¥ice 100
devi ce 100 from ot her conputer readable
comprising an audio decoder (e.g., an MP3 decoder) implemented therein, is partitioned
into a number of groups that is equal to the number of decoding levels. These groups are
preferably ordered according to their perceptual relevance, which will be described in
detail below. If there are four levels of decoding (i.e. Levels 1-4) then the frequency
bandwidth group that has the highest perceptual relevance may be associated with Level 1
and the group that has the lowest perceptual relevance may be associated with Level 4.

Such a partitioning of the frequency bandwidth into four levels in the case of MP3 is

shown in Table 1 below. Column 2 of Table 1 (i.e., Decoded subband index) is described

below.
Table 1
Decoding gle;ggsg Frequency Perceived
level index range (Hz) quality level
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medi a. The term "conputer readable nediunf as used
herein refers to any storage or transm ssion nmedi um

WO bab/opmed | ci pates in providing instructions apPdl/e62005/000405
data to the portable conputing device 100 for
execution and/ or processing.9-The nmet hod 800 nmay
alternatively be inplenented in dedicated hardware
uni t conpiiedlng [one 007 nof &) +B5EYS al edAM gaality s
per f or i/ g T 119 TINCEIGNS T o SUR0INENAPPMETyif?

descri b lA—acco

—+A—accofragance— Wt re—rethod—800, a
decodi ng Levell3 slel eB#8d by O 1fwdr >t > Nk Gieaualhiyy Judi o

clip detengigias |t heof3nequengy 28050 Whi €D gilngditypr ogessor
105 is tobe executed: fn contrast to many KNown
dynam ¢ vol tage/ frequency scal i ng net hods, the nethod

or GeEE S VR B SuEREPE R Bl peagpmed 0
o “Bopemin-ores bevoumig VB SPLNROP Fecorkthdhe spObHg 0 e ot only

tuned to match these operating points. In the nethod i
useB800with lgenérekpurensey voltagdwingt freqiency scplable aprpeessersp bt algo with

devi ce 100 conprising an audi o decoder (e.g., an MP3
ger@REQuesose prvtsoBidhut heltagerandifeqparcyistalabitity.i nt o a

number of groups that is equal to the nunber of

degRdiaehdde0®! fay ARE IR WBEQWAM Apfochésef atlabys Asti@Ioedfrequency

according to their perceptual relevance, which wll be

h R | N 0 & tRf method

scaggggléc:l %gr%{ :pQ\é/ laénoPQﬂlo_ % ﬁ{l{]l\/ﬁ% egoc?{l%qfrpﬂ‘ﬁs InS4KéeS 11 metho

. eve e n t uency
R R N S

that has the | owest perceptual re|evanc . be
o Sbe Rastead 590 Ay & user (OCERATSE AIEEOUDE JPYERGi-Of OBfgf four such
frequency bandwidth into four levels in the case of .
leviBBdérendingvon piroceSsibg powehwipplied Dothgpriosssr 193 The method 800 is
(i.e., Decoded subband index) is described bel ow
executed by the processor 105 based on the decoding level selected by the user. Each

level is associated with a different level of power consumption and a corresponding
output audio quality level. The processor 105 takes audio data in the form of a coded bit
stream as input and produces a stream of decoded data in the form of pulse code
modulated (PCM) samples, as seen in Fig. 2. The method 800 may be applied to decode a
coded bit stream that is being downloaded or streamed from a network. The method 800
may also be used to decode an audio clip in the form of a coded bit stream stored within
the memory 106, for example, of the portable computing device 100.

When an audio clip in the form of a coded bit stream is decoded at Level 1, only the
frequency range 0 to 5512.5 Hz associated with this level is decoded. At higher levels
(i.e., Level 2 to 3), a larger frequency range is decoded and finally at Level 4, the entire
frequency range is decoded. Although the computational workload associated with the

method 800 scales almost linearly with the decoding level, the lower frequency ranges
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Tabl e 1The processor 105 inplenenting the steps of the
nmet hod 800 may be referred to as a "Perception-aware
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scal abl e processors, but al-g0-wi th general - purpose
processors w thout voltage and frequency scalability.
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does not all ow frequency scaling and is not powerful
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| evel of power consunption and a correspondi ng out put
devaloped dome ofthess bardwaieeimplementsionsldElutla hasvaredi decoder chips
data in the formof a coded bit streamas input and
whiph drive dsem dssipeahfaf vedg dodesbvdat @nistimptién. f Qﬁ(ﬂﬂeﬁafmlﬁ_l@' &fesuch a
code nodul ated (PCM sanples, as seen in Fig. 2. The

deco@drhdip &0Mermita b@w?a%i Beb3 %%@%%@Aﬁﬂ&@onﬁbfaﬁ%ﬁw afhich is

that is being downloaded or streaned from a nhetworKk.

i a&ﬁ@@l e an audio
des@%gﬁb@ﬁﬁ?gr m o @gﬁgggréééglﬁ?n ibt?lre g)gl(rangésjst ored within

t r for, exanple, of the rtable c utin

achEReY SO0ene S It <Gnsiimion o35 fereoer J05 Gaating the

bit streamis ggcoded at Level 1, only the frequency

softwareEnpjepgntin hecstens of dag megiasd8¢q. + Ahe methqde$) dees not rely on
decoded. At higher levels (i.e., Level 2 to 3), a

any| pegiéic Hardourenoplenagniations afewoded carpdodessvad ko irapletreut kpecific
4, the entire frequency range is decoded. Although the

parts @fjthe dé¢dodenl Thomethod B0asis ehyatedulor Rsd Weth T AQHoBABle audio
scales alnost linearly with the decoding |evel, the

Pkt ST T PSSR Sy SR SUESH A v
scalable processors, which may all be used as portable audio/video players.

Like many other multimedia bitstreams, the MP3 bitstream has a frame structure, as
seen in Fig. 3. A frame 300 of the MP3 bitstream contains a header 301, an optional CRC
302 for error protection, a set of control bits coded as side information 303, followed by
the main data 304 consisting of two granules (i.e., Granule 0 and Granule 2) which are the
basic coding units in MP3. For stereo audio, each granule (e.g., Granule 1) contains data
for two channels, which consists of scale factors 305 and Huffman coded spectral data
306. It is also possible to have some ancillary data inserted at the end of each frame. The
method 800 processes such an MP3 bit stream frame by frame or granule by granule.

The method 800 of decoding audio data will now be described with reference to

Fig. 8. The method 800 may be implemented as software resident in the ROM 106 and

being controlled in its execution by the processor 105. The portable computing device
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above. Therefore, when an audio clip is decoded at a
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congjeting elevicE OOMRAHh aded Qe o thecfoyr dsafditlg Te0sls WSRgWhd Reypad 102.
PDAs, portabl e audio players or nobile phones and the
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The method 800 continues at the next step 804, where the processor 105 converts a
frequency band of the decoded audio data into PCM audio samples, according to the
decoding level selected at step 801. For example, if Level 1 was selected at step 801, then
the decoded audio data in the frequency range 0 to 5512.5 Hz will be converted into PCM
audio samples at step 804. Step 804 may be performed by software modules such as the
dequantization software module 402, the inverse modified discrete cosine transform
(IMDCT) software module 403 and the polyphase synthesis software module 404 of the
standard MP3 decoder 400 as seen in Fig. 4.

The method 800 concludes at the next step 805, where the processor 105 writes the
PCM audio samples into a playout buffer 501 (see Fig. 5) configured within memory 106.

This playout buffer 501 may then be read by the processor 105 at some specified rate and -

be output as audio via the speakers 117.
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The net hod 800 of decodi ng audio data will now be
described with reference to Fig. 8. The nethod 800 may
wheoosiopieedrent ed as software resident in the ROMTOG20@5000405

being controlled in its execution by the processor

105. The portabl e conputing-revi cel00 inplenmenting the

nmet hod 800 may be configured in accordance with a

st didathceeMaddualisliaf aetanderd 308 @scizeniOon Whigh ifcurEaRhhighest
of the steps of the nmethod 800 may be i npl enented
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sel ected For exanpl e e us

the déé‘lgi‘? cg%rx%iféz?lgde Wiilltﬁlg q%g&q%@s : o%@%&ﬁ%@gaep&tq}pgglswprkload As

105 store flag.in the RAM of the nmenory 10
soqtig 04 SR AnCE AB ohe Relersh methad g epesdisigsomthe decoding
been sel ected. At the next step 802, the processor 105
levighfiged avalsd ton3) e doguantizationcmdéde i40pLthe IMDET rradule 403 and
and stores the data in an internal buffer 500 (see
theFpadyphae symitfesigifiletbank tthoduld 463 pf@ﬂ@s)bngﬂﬁpaﬂiﬁpﬁb@kﬁéf‘?dnge and
buffer 500 will be described in nore detail bel ow
theldBin@ir 16k mPARtiohd1Roftr 0OCessor 105 decodes the side
i nformati on of the stor ed dat a usi ng Huffman decodi ng.

St §Re803rdTB% VG P ogﬁ{n A So Qétﬂ)gx Qn&gé#sv%&gq_ ocg'uinﬁeéﬁcl)'lrgrh and/or

as the Huffman dec tware no

decoder 400 en i.n Eig. 4. " )
colbASGH-ds o RaE fidemininnnd iR v, T8 MO AgPP e algorithm
dsg g(g% 3{ 05 converts a frequencY and of the decoded
CSCTRFD PY e SRk & Fbcnthg anlication prileda cPo Ml Hgre-Futeheln Efficient
decoding | evel selected at step 801. For exanple, if
Homeyan Agdioebwed ItDeoding 801, Optiswsarine Steneged In Proc. Of
audio data in the frequency range 0 to 5512.5 Hz w I'l

AUM Mdtivedin@00#Oct. FOM. el 0o NatBéesP\é alpbfithnd &dbs tSbfRmize the
804 may be perforned by software nodul es such as the

PO%%’%% Fﬂetgﬁ)gfﬂ; 8 e?gﬁ%%&glfnglel%g 1 g%r T hPeliih iR Ecostly computing
cycles being wasted at processing useless zero-valued data. The present inventors classify
this kind of approach as eliminating redundant computation. In contrast, the method 800
partitions the workload according to frequency bands with different perceptual relevance
and allows the user to eliminate the irrelevant computation.

The reduction of workload in the three computationally most demanding modules,
namely the de-quantization module 402, the IMDCT module 403 and the polyphase
synthesis filterbank module 404, is expressed in the following Equations (1) to 4).

The computation required to be performed by the processor 105 for the de-

quantization of a granule (in the case of long blocks) is expressed as Equation (1) as

follows:
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Traditionally, the standard MP3 decoder 400 decodes
the entire frequency band whi ch corresponds to the
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t he decodlng | evel (i.e., Levels 1 to 3), the
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2004, Cct. 2004. The Do Not Zero-Pute algorithmtries

coefficieopt i m ze the pol yphase filterbank conputation in
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c &S bei cessi ng usel ess zerp-val u
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i=0geftraand, N At .idhilfo i ®O0 s ars-l tfooths nrpeesswr 105 oxfuch a decoder
according to frequency bands with different perceptua
400 exdomtingde steps of the method 800. For example, the range for Level 1 is reduced

to i=0),...143.

The computation required for the IMDCT module 403 may be expressed in

accordance with Equation (2) as follows:

'z X, cos(z (21+1+ )(2k+1)) )
for i=0,,.,n~1 and n=36, where X, is the k-th input coefficient for IMDCT operations
and x; is the i-th output coefficient. For the standard MP3 decoder 400 not executing the

method 800 all 32 subbands are determined, while only s/ <32 subbands are calculated

in accordance with the preferred method 800.

The computation required for the matrixing operation of the polyphase synthesis

filterbank module 404 is expressed as:
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conputation. The reduction of workload in the three
w@ovpismeé onal | y nost demandi ng nodul es, namel BCT/6€2005/000405

de- quanti zati on nodul e 402, the | MDCT nodul e 403 and

t he pol yphase synthesis filtj@rbank nodule 404, is

expressed in the follow ng Equations (1) to (4). The
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quanti zation of a granule (int case

. on ocks) is expressed as Equation (1) as
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i Nipuiccodafidd witethe lkahaDSGR @q@&ﬂidriﬁe.@ bedontHy Hqation (45 ad Rlows:
sign of is, , global _gain is the |ogarithmca
uantizer step size for the entire granule gr.
Kiiajoef(a(algnmntjmb/bﬁ)r is the nultiplier for scalg
f'dct orbands. Scalefac | is the logarithmcally
quanti zed factor for scale factorband sfb of channe
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Pretab is the preenphasis table for scal e factorbands.
outpyt Gosfficigat Egya showe thecooatrutationpl workimadtofighe processor 105
standard MP3 decoder 400 not executing the steps of
impil¢neentingben@0®d 800 Aetreaskylineahdwith Fetbandwitth.e |
,...,Sbl*18-1 for the processor 105 of such a

o, |
oder 400 executing the ste of the nmefhod, 800. For
%ﬁp{f‘g b‘?ﬁ%@@aﬂ’é@"&%ﬁ Pl vtep 882 §1'?'ecﬁ§c%eﬂ}°(“6‘ed by the Huffman
/=0,1,...143 . The conputation required for the IMXCT
decpgiggmeodides 49hy whicharapize; aaly 4 smalt percentrgecofiihe kotal computational

Equation (2) as foll ows:
workload ( 4% in our examples), the workload associated with the subsequent step 804

(i.e., as performed by the modules 402, 403 and 404) can be partitioned. A granularity
may be selected that corresponds to all the 32 subbands defined in the MPEG 1 audio
standard. However, for the sake of simplicity, in accordance with the preferred method
800, these 32 subbands are partitioned into only four groups, where each group

corresponds to a decoding level, as seen in Fig. 4 and Table 1.

As described above, the decoding Level 1 covers the lowest frequency bandwidth (0 -
5 5 kHz) which may be defined as the base layer. Although the base layer occupies only
a quarter of the total bandwidth and contributes to roughly a quarter of the total
computational workload performed by the processor 105 in decoding an audio clip, the
base layer is perceptually the most relevant frequency band. The output audio quality
corresponding to Level 1 of Table 1 is certainly sufficient for services like news and
sports commentary. Lével 2 covers a bandwidth of 11 kHz and almost reaches the FM
radio quality, which is sufficiently good even for listening to music clips, especially in

noisy environments. Level 3 covers a bandwidth of 16.5 kHz and produces an output that
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for z=0,1,...,w1 and =36, where - is the k-th input
coefficient for I MDCT operations and x, is the i-th
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8006 Equation (3) beconmes Equation (4) as follows: V =
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/ input coefficient for pol yphase synthesis operations
com@oukné] inthetdae Levélht sroée3sds atiaké Hataiaglis thEREaE icompilionally more
shows the conputational workload of the processor 105

expdriReCTEOL IS qhglﬁ?r BEEGANER0 (I RGERAP SR 4 m%t)ytfiﬂ%i%{%guishable

t he bandw dth. After the brtstream unpacking o

. j - (o] n codi ng nodule ..
i off ol SRR SRR Sy PHALIRY (HRGEEL A9 0H i
1 iotal conmput ati onal workload ( 4% in our exanples),

CV®he workl oad associated with the subsequent step 804

(i.e., as performed by the nodul es 402, 403 and 404)
ARRowh 4k bF HlORad fre«ﬁleaafwcarrewrm&égﬂ? ﬂ%eéa?rga[ W8kload, their
[ S ed in t%e

that corresponds to a he 32 Subban defin

' f
rr ) B G0BE el ORKCRe, {80 B3PS gy e v

refrerred

freaB Rt i o SRLI) G S Ea s SRR TR (et Gy the hicher

| evel , as seen in Fig. 4 and Table 1. As descri bed
frequensydandhie decoding Level 1 covers the | owest
frequency bandwidth (0 - 5.5 kHz) which may be defi ned

gfﬁh% hGnPRSE Ap@%‘abg ﬁ%hﬁéﬁ%&’ gﬁ} tﬁéﬁlﬁroc@gﬁ& i(%y fok dgcco(%ililrpgI Siidio data, in

accordance with the method 800 at any particular decoding level, may be determined. The
computed frequency can then be used to estimate the power consumption due to the
processor 105. The variability in the number of bits constituting a granule and also the
variability in the processor cycle requirement in processing any granule is taken into
account. By accounting for this variability, the change in processor 105 frequency
requirement when the playback delay of the bortable computing device 100 is changed

may be determined.

As described above and as seen in Fig. 5, the processor 105 uses the internal buffer
500 of size b, configured within memory 106, in decoding audio data in the form of an
audio bit stream (e.g., an audio clip). The decoded audio stream, which is a sequence of
PCM samples, is written into the playout buffer 501 of size B configured within memory

106. This playout buffer 501 is read by the processor 105 at some specified rate.
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whereas Level 4 processes all the data and is
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quallty corresponding to levels 3 are
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consunption |l evels. Al though each of the four

and QBA Ye BBAGR AU e MBS eY of RIS 2 .
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iffer en In general, the | ow frequency band
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audi o data, in accordance with the fethod 800 at any
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variability in the arrival process of the granules into the internal buffer 501 may be used.

The two functions @' (A) and a*(A) are defined as follows:
a'(8) Sx(t+A) — x(®) < a” (A),x(t), and LA >0 ®

where ' (A) denotes the minimum number of granules that can arrive in the internal

buffer 501 within any time interval of length A, and a*(A) denotes the corresponding

maximum number.

Given the functions @' (k) and ¢"(k), it is possible to determine the pseudo-inverse
of these two functions, denoted by ¢’ (7) and ¢*" (), with the following interpretation.
Both these functions take the number of bits n as an argument. ¢"l (n) returns the

maximum number of granules that can be constituted by n bits and gf)“_‘ (n) returns the
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IGRCLT RN WECITARER TR ETIN LS e
used. The two functions a ' (D) and a "(D) are gefi neq .
be neted @ Figwé: (i) the increasing processor cycle requirement as the ecoding level is

increased, (ii) the variability of the processor cycle requirement per granule for any

decoding level.

Assuming that the playout buffer 501 is readout by the processor 105 at a constant
rate of ¢ PCM samples/sec, after a playback delay (or buffering time) of d seconds.
Usually ¢ is equal to 44.1K PCM samples/sec for each channel (and therefore, 44.1K x 2
PCM samples/sec for stereo output) and d can be set to a value between 0.5 to 2 seconds.
If the number of PCM samples per granule is equal to s (which is equal to 576 x 2), the
playout rate is equal to ¢/s granules/second. If the function C(t) denotes the number of
granules readout by the processor 105 over the time interval [0, t], then,

0,t<d
c= E-t,t >d

N
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al (D) <x(t+A) - x(t) <a "(D , x(t), and t,A >0 (5)
where a 1(A) denotes the m ni mum nunber of granul es

W@ b@b/osmee arrive in the internal buffer 501 w PEN/8GZ00§/000405
time interval of length D, and a "(A) denotes the
corresponding maxi mum nunberg.G ven the functions f
(k) and f"(k) , it is possible to determ ne the

No?i)s eg&d%x | {RY eih%@c %ftre&él ers eth%""ﬁnfc’ei&?st | S08), deRfed! fand 7 (k)

he fol Immnglrneuﬂeta

Bot h. the fun ons .t ake n r s n_.as an
chafRactizink O pfol%fer%ﬁt&f r?yﬁnq@ R dcndi 2pa ghe SR 42, the
t.hat can be constituted by n bits and fftfelgé returns
MiRiEW FIOREFETHERAVERCIOE to@ﬁuanm s playgut raigo Mheamnley/seg may be
by n bits. Since the input bit streamarrives in the
determineds dihisig fefaivalstl toatequiringikat dhe plapow boffer 581 neves emderflows.
(D)may be defined as follows: a' (D= f" 1(rD) and

If 380)"detes te total hnbeO YT Agaules vaiireadntohie plVBEr beXffer 501 over the
processor cycles required to process any granule S

tim@liServPf0l fbik 1eaPld debiri g
s N S i M i s = A o G
'(k) and g "(k) take the nunber of granules k as an
ar Beirtbeiservige 'pieidedeby) thesproegsseri IS rah drequerteyrf lof represented by the
processor cycles required to process any k consecutive

fungﬁ&!ﬂ wl@s Safithrto Uk KA ) sm)neﬁre&éaﬁs ﬁl@ﬁﬁf?ﬁﬁﬁﬁdﬁlﬁﬂbm g%&mles that
nber "of processor cycles. Fig. 6 shows the cycl

o AT s ey 86 b wdbe e BbERE fio) wihip any time

for a duration of around 30 sees. F| . 6 shows the
intgyveloafdength dy dt maydwushowmshat p@) 2 63) @ﬁd(fhg >t @, where @ isrthe min-
decoding levels of Table 1. There are two points to be

plub @bBblitidn tpﬂrat&:deﬁhéd LR 1bRSr easi ng processor cycle
requi renent as the decoding level is increased, (ii)

the variability of the processor cycle requirenent per
gr Bensdny tivorfusatypns € endligh §f Reg)él) =inf,__ {/(# —s)+ g(s)} . Hence, for the

constraint y(z) > C(1), t > 0 to hold, it is sufficient that the following inequality holds:

@' ®B)H)=C(), 10 (7

From the duality between® and &, for any three functions £, gand b, h > f D g if
and only if g ® h>f, where @ is the min-plus deconvolution operator, defined as
follows: (fidg)(t) =sup.{f(t+5)—g(s)}. Using this result on inequality (1), B(?) may
be determined as follows:

BB =(CBa’)t), 120 ®)

Note that f(#) is defined in terms of the number of granules that need to be processed

within any time interval of length t. To obtain the equivalent service in terms of processor

cycles, the function y*(k) defined above may be used. The minimum service that needs
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Assum ng that the playout buffer 501 is readout by the
processor 105 at a constant rate of ¢ PCM sanpl es/ sec,
w@baensm2pl ayback delay (or buffering tine) ofPdr/SG2005/000405

seconds. Usually c is equal to 44. 1K PCM sanpl es/ sec

for each channel (and therabore, 44.1K 2 PCM

sanpl es/sec for stereo output) and d can be set to a
to be dutRnhel igetheplctsso? 19&coneisurd that ke mplayoet boffePGW never

sanpl es per granule is equal to s (which is equal to

: te playout rate is equal to c/s

mkkg%%ﬁ%?é%?%ﬁ?ﬁnd. If the function C(t) denotes the

nunber of granul es readout by ghe processor 105 over
Zenthes td e | t m, ) Ot dNow, givee) the
a0 ngu@(@? agee 7 fooden NS fucly g 'Q()k)

and cu(k) characterizing the possible set of audio
proc&dsbPeydi€s foe all écay élbnca e ttisinfunn feameht Whichtbe processor 105

m ni mum processor frequency f to sustain the playout
shoul @ P 1fin PAY SaaRARS/ BRC ifiel defigiont nadie The S digen by:

equi valent to requiring that the playout buffer 501

never u rflows. | f t) denotes the..total..nu f 1
mingf ok S0 ORT4E Br TH 64k Bratgia im0 AeB e 9B gl ctip of
time interval [0, t], then this is equivalent to
durakiBAYIii§ pRepottitakl 3 tffr ~assiimhingf @volkdde dnd>frédueimt scatwble processor,
service provided by the processor 105 at frequency f

) i i i} o the cloc
wheﬁf:(e ﬁ\jrn:? s:??)i?iﬂé :cg r’%%e&r}{égm eﬁ(‘ilhp Ko (V%ita%igs;%} brifdaPto the clock

m i mum nu of granul es
that are guaranteed to be processed (if available in
frequeneyi nt ernal buffer 500) within any tine interval of
length D. It may be shown that y{t) (a <S>/?)(t), t
>y WhEfvd the PRodlidop! Helaorsalrbd | Withiaperytinterdef oM shgth t
as Tollows. For any two functions f and g, (/ g)(t) =
Lnf 0us L/ (b dedhink CE, : ' hat each
contiopufgpjind gediinglepds of THBRCE: Frcth AR, BORA bt «
fall Qwi i nequal.ity holds: (a' b ) A Oal7 :
decodipgnleyeb 14 gS0F fedp eﬁll‘%&““hﬁ"d’“é‘)"f‘tt) ffﬁeﬂgé%%?’ k hl}seg{e decoding
functions/ g and h, h >f Oa(l; i f
level is increased, the associated value of f also increases.

—

Supposing the processor 105 is run at a constant frequency equal to f processor
cycles/sec, corresponding to some decoding level. The minimum sizes of the internal and

the playout buffers 500 and 501, which will guarantee that these buffers will never

overflow, may be determined. The pseudoinverse of the two functions y' and y*,
denoted by »' (n) and #*~ (n), respectively, may be determined. Both these functions

-1

y' and y* take the number of processor cycles n as an argument. y'"(n) returns the
maximum number of granules that may be processed using n processor cycles and
7“_1 (n) returns the corresponding minimum number.

The minimum number of granules that are guaranteed to be processed within any

time interval of length A, when the processor 105 is run at a frequency f, is equal to
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and only if g <S> h >f, where 0 is the m n-plus

deconvol uti on operator, defined as follows: (b2g)(t) =
waeawe§fotd +s)- g(s)} . Using this result on iPEnsaoos 00405

(1), b(t) may be determ ned as follows: Note that b(t)

is defined in ternms of the.agnber of granul es that

need to be processed within any tine interval of

-1 h t.. . To obtain the.equival ent.service in terns of
7" PSR Bl bec PR Rl 7 §Ohek T tel isfhr B tht e
may be used. The m ni mum servi ce that needsto be
inteSHARbRAEERM MeYer KRIINACE SRR bR =ls@p ENSIH(R) L hat
pl ayout buffe? 505 never un&é?flomgM?gyéi%eE b§ﬁ®g£¥%wﬂe&
= 0"G (gq) =gu((C'XQ =f (C00p" ) (9) processor
¢ \Siinglarly ohe alakirhurt n"dmbele BE Srantiies tHhk Ko HE b RAANGYhiAtany time
whi ch the processor 105 should be run to sustain the
. . specified playout rate,yis given by;: mn{/ | / -t >
mte{‘iaf ofrfengtip)A 15" giwen BRex g(/™ ohsis estible Wﬁ{hpé’ that amivaly peasess of
audio clip of durationt is proportional to f 3t ,

grariS&sUin the playvQl BuEite 580ds LpFGURGYed 5R HRDAR MR ?%&P,rwhich may
where cofrésponding to any operating point, the

Vol tage | roportional to the clock frequency. Fig. 7
tm(%ﬁ%ﬁggﬁﬁg%gggggssor cycles required within any
interval of length t corresponding to the decodi ng
Levels of | g1 om Fig. 7, it can be seen that
gaé&aé@o%g?%? | e(%})E{VS (AADYA%8 with a m nimum (10)
(constant) frequency / As the decoding level is
I ncreased, the associated value of f also increases.
whegg, ,sbc(és g ey pyaeaypberiefszrpules thatnight be wattigatinto the playout
frequency equal to f processor cycles/sec,

bufien 60  syithidanygtime imavel oftlengthny Thevginimdheid ¢fitheiBufier 501 (ie,
sizes of the internal and the playout buffers 500 and

B), 8 kuardhiies hadithd bEMET 50U B6vel RAErIVRS bW B Shidvh lto be equal to

never overflow, may be determined. The pseudoi nverse
B=os];1pizl(?&7 ,Iexa__f&%:}t Ig(%artlﬁc’ulgs. 1 ﬁ]rédsiges b and B in terms of bits and PCM

samples are ¢"(b) and sB respectively.

In one implementation, the processor 105 may be an Intel XScale 400MHz

processor with the decoding levels being set according to Table 2 below.

‘Table 2
Playback delay Level 4 Level 3 Level 2 Level 1
0.5 sec 3.56 MHz 2.91 MHz 2.13 MHz 1.33 MHz
1.0 sec 3.32 MHz 2.71 MHz 1.99 MHz 1.23 MHz

2.0 sec 320MHz" | 2.61 MHz 1.91 MHz 1.19 MHz
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denoted by g 1 (") and g " () , respectively, may be
determ ned. Both these functions g ' and g u take the

woenvbes7eed processor cycles n as an argunent. BCT/SG2005/000405
returns the maxi num nunber of granules that may be
processed using n processor.,gycles and g " (n) returns
the correspondi ng m ni mrum nunber. The m ni num nunber

of Tigy sfotnemtibhed F@fe@reg tatREH(SLEbrhRifee PIrBa8SS@R LW 1B There
any tinme interval of length D, when the processor 105

are ifadyuUBthF varihdi€ %?qgné: %)iré(ferr&f nﬁa%@f(%ﬁ &t thdse (diﬁ%repf Eoff flows

be shown that the mum si ze b e I nterna
. f , hat the .internal buyffer 500 never
il Fhana a2 SO ook T (o8 SsRRon. Byt g pByy more of e

ranul es,. Simlar|y, the maxi num nunber of granul es
Sfergr?z m&f%@d&%ﬁ%&e@)éaa)am PRIFPIHIRE 1R pﬁréﬁ?lﬁe@ﬁwu@maﬂy.
length Dis given by / (fA) . It is possible to show

that arrival procesguafisi@9ia?Aoie he pl ayout buffer
501 i s upper boundegnbystﬁewgnc?wgr‘#a "(A), which may

b [ fall v ad " (D) = Dh(r) [-1..

(TAfS g F e ot Yt o et Pt gl 1o the

maxi mum nunber aof granules that mght be witten into
COI%HﬁléefﬁPgﬁs@tpr%ﬁS?@% gr"fai@imﬁ?t hin any tinme interval of

length D. The m nimum size of the buffer 501 (i.e, B),

t olhpufragring depaibes walyh seme rensigodiments rofothe rifressnt imention, and

now be shown to be equal to i ?= supDo{ "(D)-C( D)}
modjfiaatidne sind/bn ehangee satbbanthdB theretoewitloun fdeprrting &oth PeMcope and

sanples are f"(b) and sB respectively. In one

spirit g itesBRE@idn the dnttRIRRQREBERE iIkREatYaddthobestrtiob.
XScal e 400MHz processor with the decoding | evels being

Mu%&li@@ﬁ@? N et Cont@R! &¢ ﬁ“ﬁ?tpﬁ%ygff%@é 88d NGord “comprising” means

af orenenti oned preferre onprise a

o 1] a ontrol,flow There,are ny ot her. vari ants
indiR¥ib, SsIeallf Tl Yos Pritect SRR B Ribtad L rin B ond not
o fl.onws w t hoyt arting the spjrit or scope of the =
COnsigiEg: PRI, OfFur ?]eﬂg?Wegfoﬂ’@ WPP‘*TD?‘@“WSW%]J;“C}I as “comprise” and

“comprises” have correspondingly varied meanings.
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steps of the preferred nethod(s) may be perforned in
paral l el rather sequentially. Industrial Applicability

w0 2006®5mppar ent fromthe above that the arrangkP@ESGH05/000405
descri bed are applicable to the conputer and data
processing industries. The-$pregoi ng describes only
sone enbodi nents of the present invention, and

Théodih dafiningthenseation hpagetolloan: be made thereto
wi t hout departing fromthe scope and spirit of the
i nvention, the enbodi nents being illustrative and not
restrictive. (Australia Only) In the context of this

1. S%C&thﬁt b Yecddiffe WRIaEh cﬁfym%%/rééeﬂ n% ”ﬁfq%dm' @Hb,u g%iﬂgmethod
princrpally BUt Not necessar | sol efy" or "having" or
“including”, and not "consisting only of. Variations

Comlsmégﬁggﬁé G’f’élorrpri sing", such as "conprise" and

"conprises"” have correspondjngly varie ani ngs. The
cisgleqngienq of %@e@ﬁélmlwgﬁlﬂm‘beﬁ 04 frgquency n%\r\rs 1. A
met hod of decoding audi o data representing an audio
cldepodingiadpariom ofl theomdid ditageprsensing paidofudics elipeagdopdjng to the
one of a predeterm ned nunber of frequency bands;
sele@RATRIGRENE) K] WbBredf a tdpeainingdiportitat of the pnédiselata regresaithg said
audio clip according to the selected frequency band,
aud¥@lFisMiRardedBidal ng portion of the audio data
representing said audio clip is discarded; and
convert. n 0 t] ' j ;
canreindint ReORECHRA AR, Ba TRl Suflpdudd tébyesenting the
The, net hod according to claim11, further conprising
d“?ﬂ%iQF@b&GF partitioning the frequency range of the

audi o data representing said audio clip into said
frequency bands. 3. The nethod according to claiml,
wherei n each of said frequency bands is

2. The method according to claim 1, further comprising the step of partitioning the

frequency range of the audio data representing said audio clip into said frequency bands.

3. The method according to claim 1, wherein each of said frequency bands is

associated with a different level of power consumption for a portable audio device.
4.  The method according to claim 1, wherein the audio data is an MP3 bitstream.

5. A decoder for decoding audio data representing an audio clip, said method
comprising the steps of:

decoding level selection means for selecting one of a predetermined number of
frequency bands;

decoding means for decoding a portion of the audio data representing said audio
clip according to the selected frequency band, wherein a remaining portion of the audio

data representing said audio clip is discarded; and
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associated with a different [evel of power consunption
for a portable audio device. 4. The nethod accordi ng
w0 o00slosiens 1, wherein the audio data is an MP3 PCT/SG2005/000405
bitstream 5. A decoder for decodi ng audi o data
representing an audio clip,-gaid method conprising the
steps of: decoding | evel selection neans for selecting
ondata torveptiod eteansrion eonvertipethe dtcdded Poativiyoftmbidsdata into sample
decodi ng neans for decoding a portion of the audio
daﬁaéﬁegeﬁﬁﬁgﬁﬁmebé&dsa@aﬁ) dudio clip according to the
sel ected Trequency band, wherein a renaining portion
of the audio data representing said audio clip is
di scarded; anddata conversion neans for converting the
6 degaoded fo tion.of audio data into sanple data
're%ﬂ%ggheifampﬁ§ SIEGGeHPHEE0 data. 6. A portable
el ectronic device conprising: decoding |evel selection
neg?f@dmr leyel| gdeqting merns Jpr selpetinepee of repredeimmainedfiumber of
frequency bands; decodi ng neans for decoding a portion
fregdengy bamsisgiat a representing an audio clip according to
the sel ected frequency band, wherein a renaining
podédodingoiehrivefon iltcdiffbapdrath @F @nlliongats absteuth® af!dulio clip
Is discarded; and data conversion neans for converting

acdoRBEngl &5 Ardad Rt ﬁé&ﬁeﬁég el grlhgﬁgg? gé}hﬁnﬁ%%r@oﬁgf fhe audio data

representing the decoded au
representing said audio clip is discarded; and

data conversion means for converting the decoded portion of audio data into sample

data representing the decoded audio data.



